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SYNCHRONIZING DISTRIBUTED SPEECH
RECOGNITION

BACKGROUND OF THE INVENTION

1. Field of the Invention

The field of the invention is data processing, or, more
specifically, methods, apparatus, and products for synchro-
nizing distributed speech recognition.

2. Description of Related Art

User interaction with applications running on small
devices through akeyboard or stylus has become increasingly
limited and cumbersome as those devices have become
increasingly smaller. In particular, small handheld devices
like mobile phones and PDAs serve many functions and con-
tain sufficient processing power to support user interaction
through other modes, such as multimodal access. Devices
which support multimodal access combine multiple user
input modes or channels in the same interaction allowing a
user to interact with the applications on the device simulta-
neously through multiple input modes or channels. The meth-
ods of input include speech recognition, keyboard, touch
screen, stylus, mouse, handwriting, and others. Multimodal
input often makes using a small device easier.

Multimodal applications often run on servers that serve up
multimodal web pages for display on a multimodal browser.
A ‘multimodal browser,” as the term is used in this specifica-
tion, generally means a web browser capable of receiving
multimodal input and interacting with users with multimodal
output. Multimodal browsers typically render web pages
written in XHTML+Voice (‘X+V”). X+V provides a markup
language that enables users to interact with an multimodal
application often running on a server through spoken dialog
in addition to traditional means of input such as keyboard
strokes and mouse pointer action. X+V adds spoken interac-
tion to standard web content by integrating XHTML (eXten-
sible Hypertext Markup Language) and speech recognition
vocabularies supported by VoiceXML. For visual markup,
X+V includes the XHTML standard. For voice markup, X+V
includes a subset of VoiceXML. For synchronizing the
VoiceXML elements with corresponding visual interface ele-
ments, X+V uses events. XHTML includes voice modules
that support speech synthesis, speech dialogs, command and
control, and speech grammars. Voice handlers can be attached
to XHTML elements and respond to specific events. Voice
interaction features are integrated with XHTML and can con-
sequently be used directly within XHTML content.

The performance of speech recognition systems receiving
speech thathas been transmitted over voice channels, particu-
larly mobile channels, can be significantly degraded when
compared to using an unmodified signal. The degradations
are as aresult of both relatively low bit rate speech coding and
channel transmission errors. A Distributed Speech Recogni-
tion (‘DSR’) system addresses these problems by eliminating
the speech channel and instead using an error protected data
channel to send a parameterized representation of the speech,
which is suitable for recognition. The processing is distrib-
uted between the terminal (‘DSR client’) and a voice server.
The DSR client performs the feature parameter extraction, or
the front-end of the speech recognition function. The speech
features then are transmitted over a data channel to a remote
“back-end” recognizer on a voice server. This architecture
substantially reduces transmission channel effects on speech
recognition performance.

Naively connecting a DSR client to a voice server, how-
ever, is not without remaining challenges. One troubling issue
is that data communications connections for voice, such as,
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2

for example, SIP/RTP connections or H.323 connections,
typically experience significant delay, delay which itself var-
ies over time. Such delay presents echo effects and also
results in an echo from a voice prompt being fed back to the
voice server, thereby degrading speech recognition accuracy.
Perfect echo removal on the DSR client may mitigate this
issue, but perfect echo removal is very difficult to achieve.
Estimating the delay, for example, and starting recognition
only after the channel delay is problematic because of the
stochastic nature of packet switching; the delay varies from
packet to packet of speech data.

In addition, when accessing the service over limited band-
width networks such as cellular networks, it is useful to send
a minimal amount of data so as to conserve bandwidth. Voice
Activity Detection (‘VAD’) and discontinuous transmission
(‘DTX’) are prior art methods of conserving bandwidth, but
neither is effective unless the voice server is waiting for
speech data. A common solution to both problems, echo
prevention and bandwidth conservation, is push to talk
(‘PTT”) switching, which sends speech data only when a
switch is manually pressed. This solution is not acceptable in
many multimodal applications because of user experience
issues. X+V provides a <sync> markup element for use in
synchronizing the receipt of spoken information and visual
elements. The <sync> element, however, is of no use in syn-
chronizing voice server readiness with the beginning of
speech from a user for purposes of echo elimination and
bandwidth conservation. For all these reasons, therefore,
there is therefore an ongoing need for improvement in syn-
chronizing distributed speech recognition.

SUMMARY OF THE INVENTION

Methods, apparatus, and computer program products are
disclosed for synchronizing distributed speech recognition
(‘DSR’) that include receiving in a DSR client notification
from a voice server of readiness to conduct speech recogni-
tion and, responsive to the receiving, transmitting by the DSR
client, from the DSR client to the voice server, speech for
recognition.

The foregoing and other objects, features and advantages
of the invention will be apparent from the following more
particular descriptions of exemplary embodiments of the
invention as illustrated in the accompanying drawings
wherein like reference numbers generally represent like parts
of exemplary embodiments of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 sets forth a network diagram illustrating an exem-
plary system for synchronizing distributed speech recogni-
tion according to embodiments of the present invention.

FIG. 2 sets forth a block diagram of automated computing
machinery comprising an example of a computer useful as a
voice server in synchronizing distributed speech recognition
according to embodiments of the present invention.

FIG. 3 sets forth a block diagram of automated computing
machinery comprising an example of a computer useful as a
DSR client in synchronizing distributed speech recognition
according to embodiments of the present invention.

FIG. 4 sets forth a flow chart illustrating an exemplary
method of synchronizing distributed speech recognition
(‘DSR’) according to embodiments of the present invention.

FIG. 5 sets forth a calling sequence diagram illustrating an
exemplary method of synchronizing distributed speech rec-
ognition according to embodiments of the present invention.
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DETAILED DESCRIPTION OF EXEMPLARY
EMBODIMENTS

Exemplary methods, apparatus, and products for synchro-
nizing distributed speech recognition according to embodi-
ments of the present invention are described with reference to
the accompanying drawings, beginning with FIG. 1. FIG. 1
sets forth a network diagram illustrating an exemplary system
for synchronizing distributed speech recognition according to
embodiments of the present invention. The system of FIG. 1
operates generally to synchronizing distributed speech rec-
ognition according to embodiments of the present invention
by receiving in a DSR client notification from a voice server
of'readiness to conduct speech recognition and, responsive to
receiving the notification of readiness, transmitting, from the
DSR client to the voice server, speech for recognition. A DSR
client is an automated device, automated computing machin-
ery, or a computer program running on an automated device,
capable of accepting speech input, parameterizing the speech,
and transmitting the parameterized speech to a voice server
for recognition. A GUI browser on a laptop, a voice browser
on a telephone handset, an online game implemented with
Java on a personal computer, for example, all may be imple-
mented as DSR clients.
The system of FIG. 1 includes several example DSR cli-
ents:
personal computer (108) which is coupled for data com-
munications to network (100) through wireline connec-
tion (120),

personal digital assistant (‘PDA’) (112) which is coupled
for data communications to network (100) through wire-
less connection (114),

mobile telephone (110) which is coupled for data commu-
nications to network (100) through wireless connection
(116), and

laptop computer (126) which is coupled for data commu-
nications to network (100) through wireless connection
(118).

Each of the example DSR clients (152) in the system of
FIG. 1 include microphones, audio amplifiers, digital-to-ana-
log converters, and DSR client software modules capable of
accepting from a user (128) speech for recognition (318),
parameterizing the speech by extracting speech parameters,
and transmitting the speech to a voice server for recognition.
The DSR clients in this example are also typically capable of
employing voice activity detection (‘VAD’) to distinguish
voice activity from non-voice audio signals and identify only
the voice activity as speech to be transmitted for recognition.
Each of the example DSR clients (152) in the system of FIG.
1 are capable of synchronizing distributed speech recognition
according to embodiments of the present invention by receiv-
ing notification from a voice server (151) of readiness to
conduct speech recognition and, responsive to receiving the
notification of readiness, transmitting, from the DSR client to
the voice server, speech for recognition. The use of these four
example DSR clients (152) is for explanation only, not for
limitation of the invention. Any automated computing
machinery capable of accepting speech from a user and com-
municating the speech to a voice server may function as a
DSR client according to embodiments of the present inven-
tion.

The system of FIG. 1 includes a data communications
network (100). A data communications network for synchro-
nizing distributed speech recognition according to embodi-
ments of the present invention is a system of routers con-
nected for data communications. Such a network may be
implemented with optical connections, wireline connections,
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4

or with wireless connections. Such a network may include
intranets, internets, local area networks (‘LLANs’), and wide
area networks (“WANSs’).
Such a network may implement:
a link layer with the Ethernet™ Protocol or the Wireless
Ethernet™ Protocol,

a network layer with the Internet Protocol (‘IP),

a transport layer with the Transmission Control Protocol
(“TCP’) or the User Datagram Protocol (‘UDP”),

an application layer with the HyperText Transfer Protocol
(‘“HTTP’), the Session Initiation Protocol (‘SIP”), the
Real Time Protocol (‘RTP?), the Distributed Multimodal
Synchronization Protocol (‘DMSP’), the Wireless
Access Protocol (‘WAP?), the Handheld Device Trans-
fer Protocol (‘“HDTP”), H.323, and

other protocols as will occur to those of skill in the art.

The system of FIG. 1 also include a voice server (151).
Voice server (151) is a computer that runs a multimodal server
application program that accepts requests for speech recog-
nition and returns text representing recognized speech. In
addition, voice server (151) in this example is improved to
synchronize distributed speech recognition according to
embodiments of the present invention by transmitting to a
DSR client notification of readiness to conduct speech rec-
ognition and, after transmitting the notification of readiness,
receiving speech for recognition from the DSR client.

The arrangement of the voice server, the DSR clients, and
the network making up the exemplary system illustrated in
FIG. 1 are for explanation, not for limitation. Data processing
systems useful for synchronizing distributed speech recogni-
tion according to various embodiments of the present inven-
tion may include additional servers, routers, other devices,
and peer-to-peer architectures, not shown in FIG. 1, as will
occur to those of skill in the art. Networks in such data
processing systems may support many data communications
protocols in addition to those noted above. Various embodi-
ments of the present invention may be implemented on a
variety of hardware platforms in addition to those illustrated
in FIG. 1.

Synchronizing distributed speech recognition in accor-
dance with the present invention is generally implemented
with one or more voice servers, computers, that is, automated
computing machinery, that carry out speech recognition in a
distributed speech recognition system. For further explana-
tion, therefore, FIG. 2 sets forth a block diagram of automated
computing machinery comprising an example of a computer
useful as a voice server (151) in synchronizing distributed
speech recognition according to embodiments of the present
invention. The voice server (151) of FIG. 2 includes at least
one computer processor (156) or ‘CPU’ as well as random
access memory (168) (‘RAM’) which is connected through a
high speed memory bus (166) and bus adapter (158) to pro-
cessor (156) and to other components of the voice server.

Stored in RAM (168) is a DSR server application (188), a
module of computer program instructions capable of carrying
out synchronized distributed speech recognition according to
embodiments of the present invention by transmitting to a
DSR client notification of readiness to conduct speech rec-
ognition and, after transmitting the notification of readiness,
receiving speech for recognition from the DSR client. DSR
server application (188) typically is user-level, multimodal,
server-side computer program. DSR server application (188)
may, for example, be implemented with a set of VoiceXML
documents which taken together comprise a VoiceXML
application. DSR server application (188) may, for example,
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alternatively be implemented as a web server that supports
X+V by providing XHTML responses to HT'TP requests
from XHTML clients.

Also stored in RAM is a VoiceXML interpreter (192), a
module of computer program instructions that parses and
executes VoiceXML. VoiceXML input to VoiceXML inter-
preter (192) may originate from VoiceXML applications or
from X+V applications. In this example, VoiceXML inter-
preter (192) interprets and executes VoiceXML segments pro-
vided to VoiceXML interpreter (192) through DSR server
application (188).

Also stored in RAM (168) is a speech recognition engine
(193), a module of computer program instructions that
accepts parameterized speech for recognition as preprocessed
by a DSR client, converts the parameterized speech to text,
parses the converted speech against a vocabulary or grammar,
and returns text representing recognized speech. Also stored
in RAM (168) is a Text To Speech (‘TTS’) Engine (194), a
module of computer program instructions that accepts text as
input and returns the same text in the form of digitally
encoded speech, for use in providing speech as prompts for
users of DSR systems.

Also stored in RAM (168) is an operating system (154).
Operating systems useful in voice servers according to
embodiments of the present invention include UNIX™,
Linux™, Microsoft NT™, AIX™_ IBM’s i5/0S™, and oth-
ers as will occur to those of skill in the art. Operating system
(154), DSR server application (188), VoiceXML interpreter
(192), speech recognition engine (193), and Text To Speech
Engine (194) in the example of FIG. 2 are shown in RAM
(168), but many components of such software typically are
stored in non-volatile memory also.

Voice server (151) of FIG. 2 includes bus adapter (158), a
computer hardware component that contains drive electron-
ics for the high speed buses, the front side bus (162), the video
bus (164), and the memory bus (166), as well as for the slower
expansion bus (160). Examples of bus adapters useful in
voice servers according to embodiments of the present inven-
tion include the Intel Northbridge, the Intel Memory Control-
ler Hub, the Intel Southbridge, and the Intel I/O Controller
Hub. Examples of expansion buses useful in voice servers
according to embodiments of the present invention include
Industry Standard Architecture (‘ISA’) buses and Peripheral
Component Interconnect (‘PCI”) buses.

Voice server (151) of FIG. 2 includes disk drive adapter
(172) coupled through expansion bus (160) and bus adapter
(158) to processor (156) and other components of the voice
server (151). Disk drive adapter (172) connects non-volatile
data storage to the voice server (151) in the form of disk drive
(170). Disk drive adapters useful in voice servers include
Integrated Drive Electronics (‘IDE”) adapters, Small Com-
puter System Interface (‘SCSI”) adapters, and others as will
occur to those of skill in the art. In addition, non-volatile
computer memory may be implemented for a voice server as
an optical disk drive, electrically erasable programmable
read-only memory space (so-called ‘EEPROM’ or ‘Flash’
memory), RAM drives, and so on, as will occur to those of
skill in the art.

The example voice server of FIG. 2 includes one or more
input/output (‘I/O’) adapters (178). /O adapters in voice
servers implement user-oriented input/output through, for
example, software drivers and computer hardware for con-
trolling output to display devices such as computer display
screens, as well as user input from user input devices (181)
such as keyboards and mice. The example voice server of
FIG. 2 includes video adapter (208), which is an example of
an /O adapter specially designed for graphic output to a
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display device such as a display screen or computer monitor.
Video adapter (208) is connected to processor (156) through
a high speed video bus (164), bus adapter (158), and the front
side bus (162), which is also a high speed bus.

The exemplary voice server (151) of FIG. 2 includes a
communications adapter (167) for implementing data com-
munications with other computers (182). Such data commu-
nications may be carried out through serially through RS-232
connections, through external buses such as USB, through
data communications networks such as IP networks, and in
other ways as will occur to those of skill in the art. Commu-
nications adapters implement the hardware level of data com-
munications through which one computer sends data commu-
nications to another computer, directly or through a network.
Examples of communications adapters useful for determin-
ing availability of a destination according to embodiments of
the present invention include modems for wired dial-up com-
munications, Ethernet (IEEE 802.3) adapters for wired net-
work communications, and 802.11b adapters for wireless
network communications.

Synchronizing distributed speech recognition in accor-
dance with the present invention is generally implemented
with one or more DSR clients, computers, that is, automated
computing machinery. In the system of FIG. 1, for example,
all the DSR clients are implemented to some extent at least as
computers. For further explanation, therefore, FIG. 3 sets
forth a block diagram of automated computing machinery
comprising an example of a computer useful as a DSR client
(152) in synchronizing distributed speech recognition
according to embodiments of the present invention. The DSR
client (152) of FIG. 3 includes at least one computer proces-
sor (156) or ‘CPU’ as well as random access memory (168)
(‘RAM’) which is connected through a high speed memory
bus (166) and bus adapter (158) to processor (156) and to
other components of the DSR client.

Stored in RAM (168) is a DSR client application (195), a
module of computer program instructions capable synchro-
nizing distributed speech recognition according to embodi-
ments of the present invention by receiving notification from
avoice server of readiness to conduct speech recognition and,
responsive to receiving the notification of readiness, transmit-
ting speech for recognition to the voice server. Also stored in
RAM (168) is a voice activity detection (‘VAD’) engine
(184), a module of computer program instructions that
accepts digitally encoded audio signals from a sound card,
employs statistical techniques to filter out portions of the
audio signals that represent mere noise or non-voice audio,
and provides the filtered speech to the DSR client for trans-
mission to a voice server. Also stored in RAM (168) is a
speech parameter extraction engine (190), a module of com-
puter program instructions that accepts digitally encoded
speech that has been filtered for voice activity by a VAD
engine, extracts from the encoded filtered speech parameters
that describe the speech sufficiently to support speech recog-
nition, and provides the parameterized speech to the DSR
client for transmission to a voice server.

Also stored in RAM (168) is an operating system (154).
Operating systems useful in DSR clients according to
embodiments of the present invention include UNIX™,
Linux™, Microsoft NT™, AIX™_ IBM’s i5/OS™, and oth-
ers as will occur to those of skill in the art. Operating system
(154), DSR client application (195), VAD engine (184), and
speech parameter extraction engine (190) in the example of
FIG. 3 are shown in RAM (168), but many components of
such software typically are stored in non-volatile memory
also.
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DSR client (152) of FIG. 3 includes bus adapter (158), a
computer hardware component that contains drive electron-
ics for the high speed buses, the front side bus (162), the video
bus (164), and the memory bus (166), as well as for the slower
expansion bus (160). Examples of bus adapters useful in DSR
clients according to embodiments of the present invention
include the Intel Northbridge, the Intel Memory Controller
Hub, the Intel Southbridge, and the Intel I/O Controller Hub.
Examples of expansion buses useful in DSR clients according
to embodiments of the present invention include Industry
Standard Architecture (‘ISA’) buses and Peripheral Compo-
nent Interconnect (‘PCI’) buses.

DSR client (152) of FIG. 3 includes disk drive adapter
(172) coupled through expansion bus (160) and bus adapter
(158) to processor (156) and other components of the DSR
client (152). Disk drive adapter (172) connects non-volatile
data storage to the DSR client (152) in the form of disk drive
(170). Disk drive adapters useful in DSR clients include Inte-
grated Drive Electronics (‘IDE’) adapters, Small Computer
System Interface (‘SCSI”) adapters, and others as will occur
to those of'skill in the art. In addition, non-volatile computer
memory may be implemented for a DSR client as an optical
disk drive, electrically erasable programmable read-only
memory space (so-called ‘EEPROM’ or ‘Flash’ memory),
RAM drives, and so on, as will occur to those of skill in the art.

The example DSR client of FIG. 3 includes one or more
input/output (‘1/0”) adapters (178). /O adapters in DSR cli-
ents implement user-oriented input/output through, for
example, software drivers and computer hardware for con-
trolling output to display devices such as computer display
screens, as well as user input from user input devices (181)
such as keyboards and mice. The example DSR client of FIG.
3 includes video adapter (208), which is an example of an [/O
adapter specially designed for graphic output to a display
device such as a display screen or computer monitor. Video
adapter (208) is connected to processor (156) through a high
speed video bus (164), bus adapter (158), and the front side
bus (162), which is also a high speed bus.

The example DSR client of FIG. 3 also includes sound card
(174), which is an example of an I/O adapter specially
designed for accepting analog audio signals from a micro-
phone (176) and converting the audio analog signals to digital
form for further processing by a VAD engine and a speech
parameter extraction engine. Sound card (174) is connected
to processor (156) through expansion bus (160), bus adapter
(158), and front side bus (162).

The exemplary DSR client (152) of FIG. 3 includes a
communications adapter (167) for implementing data com-
munications with other computers (182). Such data commu-
nications may be carried out through serially through RS-232
connections, through external buses such as USB, through
data communications networks such as IP networks, and in
other ways as will occur to those of skill in the art. Commu-
nications adapters implement the hardware level of data com-
munications through which one computer sends data commu-
nications to another computer, directly or through a network.
Examples of communications adapters useful for determin-
ing availability of a destination according to embodiments of
the present invention include modems for wired dial-up com-
munications, Ethernet (IEEE 802.3) adapters for wired net-
work communications, and 802.11b adapters for wireless
network communications.

For further explanation, FIG. 4 sets forth a flow chart
illustrating an exemplary method of synchronizing distrib-
uted speech recognition (‘DSR”) according to embodiments
of the present invention that includes receiving (304) in a
DSR client (152) notification from a voice server (151) of
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readiness to conduct speech recognition. As described above,
the DSR client (152) in this example is an automated device,
automated computing machinery, or a computer program
running on an automated device, capable of accepting speech
input, parameterizing the speech, and transmitting the param-
eterized speech to a voice server for recognition. A GUI
browser on a laptop, a voice browser on a telephone handset,
an online game implemented with Java on a personal com-
puter, for example, all may be implemented as DSR clients. In
the method of FIG. 4, receiving (304) in a DSR client (152)
notification from a voice server of readiness to conduct
speech recognition may be carried out, for example, by
receiving notification through an application level data com-
munications protocol. Examples of application level data
communications protocols that may be improved with mes-
sage types that synchronize distributed speech recognition
according to embodiments of the present invention include
HTTP, SIP, RTP, VOIP, DMSP, WAP, HDTP, and H.323.

The method of FIG. 4 also includes providing (306) by the
DSR client (152) to a user (128) a speech prompt advising the
user of information to be provided. The method of FIG. 4 also
includes, responsive to receiving notification of readiness,
signaling (308) the user (128) to speak. In this example, the
DSR client (152) both provides (306) a speech prompt
through user interface (310) and signals (308) the user (128)
to speak through user interface (310). This example distin-
guishes prompting the user with the kind of information to be
provided and signaling the user actually to begin speaking.
Examples of speech prompts include:

“You may choose an airline for this flight. At the tone,
please speak the name of an airline.”

“Atthe tone, please state the number passengers traveling.”

“When the speaker icon turn yellow, please speak the name
of your preferred hotel.”

The tones and the icon changing color are examples of
signals for the user to actually begin speaking. The DSR client
may provide the prompts at any time, with no need to wait for
the voice server to notify readiness for speech recognition.
Such prompts typically are prompts from a VoiceXML appli-
cation or prompts from VoiceXML segments from an X+V
application that have been TTS converted and provided from
the voice server to the DSR client as voice prompts. The DSR
client signals the user to speak, however, only after receiving
from the voice server notification of readiness to conduct
speech recognition.

The method of FIG. 4 also includes discarding (316) by the
DSR client (152) speech (314) received prior to signaling the
user to speak. This conserves bandwidth and improves speech
recognition, effectively discarding all audio that is not speech
for recognition, and sending to the voice server only speech
intended for recognition.

The method of FIG. 4 also includes receiving (312) audio
signals—through a sound card like the one illustrated and
described above with regard to reference (174) on FIG. 3. The
method of FIG. 4 also includes detecting (317) by the DSR
client, among the received audio signals, voice activity of a
user, and identifying as speech (318) for recognition to be
transmitted to the voice server only the audio signals received
during voice activity. DSR client (152) may detect voice
activity and identify speech for recognition according to
voice activity by use of a VAD engine like the one illustrated
and described above with regard to reference (184) on FIG. 3.

The method of FIG. 4 also includes transmitting (320) by
the DSR client (152), from the DSR client to the voice server
(151), speech (318) for recognition. Synchronizing distrib-
uted speech recognition is accomplished here because the
DSR client (152) transmits speech (318) for recognition only
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after receiving from the voice server (151) notification of
readiness to conduct speech recognition. In this example,
DSR client (152) transmits speech with a *Voice Over Internet
Protocol,” or ‘VOIP?

VOIP is a generic term for routing of speech over an IP-
based network. The speech data flows over a general-purpose
packet-switched network, instead of traditional dedicated,
circuit-switched voice transmission lines. Protocols used to
carry voice signals over the IP network are commonly
referred to as ‘Voice over IP’ or ‘VOIP protocols. VOIP
traffic may be deployed on any IP network, including net-
works lacking a connection to the rest of the Internet, for
instance on a private building-wide local area network or
‘LANY

Many protocols are used to effect VOIP. The two most
popular types of VoIP are effected with the IETF’s Session
Initian Protocol (‘SIP’) and the ITU’s protocol known as
‘H.323. SIP clients use TCP and UDP port 5060 to connect to
SIP servers. SIP itself'is used to set up and tear down calls for
speech transmission. VOIP with SIP then uses RTP for trans-
mitting the actual encoded speech. Similarly, H.323 is an
umbrella recommendation from the standards branch of the
International Telecommunications Union that defines proto-
cols to provide audio-visual communication sessions on any
packet network.

Methods for ‘COding/DECoding’ speech are referred to as
‘codecs.’ The European Telecommunications Standards Insti-
tute (‘ETSI”) provides several codecs for encoding speech for
use in DSR, including, for example, the ETSI ES 201 108
DSR Front-end Codec, the ETSIES 202 050 Advanced DSR
Front-end Codec, the ETSIES 202 211 Extended DSR Front-
end Codec, and the ETSI ES 202 212 Extended Advanced
DSR Front-end Codec. In standards such as RFC3557
entitled

RTP Payload Format for European Telecommunications

Standards Institute (ETSI) European Standard ES 201
108 Distributed Speech Recognition Encoding
and the Internet Draft entitled
RTP Payload Formats for European Telecommunications
Standards Institute (ETSI) European Standard ES 202
050, ES 202 211, and ES 202 212 Distributed Speech
Recognition Encoding,
the IETF provides standard RTP payload formats for various
codecs. Itis useful to note, therefore, that there is no limitation
in the present invention regarding codecs, payload formats, or
packet structures. Speech for synchronizing distributed
speech recognition according to embodiments of the present
invention may be encoded with any codec, including, for
example:

ARDOR (Adaptive Rate-Distortion Optimised sound

codeR),

Dolby Digital (A/52, AC3),

DTS (DTS Coherent Acoustics),

MP1 (MPEG audio layer-1),

MP2 (MPEG audio layer-2) Layer 2 audio codec (MPEG-

1, MPEG-2 and non-ISO MPEG-2.5),
MP3 (MPEG audio layer-3) Layer 3 audio codec (MPEG-
1, MPEG-2 and non-ISO MPEG-2.5),

Perceptual Audio Coding,

FS-1015 (LPC-10),

FS-1016 (CELP),

G.726 (ADPCM),

G.728 (LD-CELP),

G.729 (CS-ACELP),

GSM,

HILN (MPEG-4 Parametric audio coding), and

others as may occur to those of skill in the art.
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The method of FIG. 4 also includes receiving (324) in the
DSR client (152) notification from the voice server (151) to
cease transmitting speech. In the method of FIG. 4, receiving
(324) in the DSR client (152) notification from the voice
server (151) to cease transmitting speech may be carried out
explicitly, for example, by receiving notification through an
application level data communications protocol. Examples of
application level data communications protocols that may be
improved with message types that synchronize distributed
speech recognition according to embodiments of the present
invention include HTTP, SIP, RTP, VOIP, DMSP, WAP, and
HDTP. Alternatively, receiving (324) in the DSR client (152)
notification from the voice server (151) to cease transmitting
speech may be carried out implicitly, for example, by comple-
tion of an X+V event or a VoiceXML event associated with a
prompt and a transmission of user speech—when the DSR
client may infer, that is, may be programmed to determine,
that it is time to stop transmitting speech.

For further explanation, FIG. 5 sets forth a calling sequence
diagram illustrating an exemplary method of synchronizing
distributed speech recognition according to embodiments of
the present invention. The calling sequence illustrated in FI1G.
5 is carried out among a voice server (151), a DSR client
(152), and user (128). The calling sequence of FIG. 5 begins
with a message (304) from voice server (151) to DSR client
(152) representing notification of the readiness of the voice
server to conduct speech recognition. As readers will recog-
nize in view of the explanations above in this paper, message
(304) is implemented in an application level data communi-
cations protocol improved to include messages for synchro-
nizing distributed speech recognition, such as, for example,
an improved version of HTTP, SIP, RTP, VOIP, DMSP, WAP,
or HDTP.

In this example, DSR client (152) next provides to a user
(128) a speech prompt (306) advising the user of information
to be provided. Then the DSR client (152) signals (308) the
user (128) to speak. The DSR client (152) discards (316)
speech received prior to signaling the user to speak.

DSR client (152) next receives user speech (312). That is,
DSR client (152) receives audio signals through a sound card,
like the one illustrated and described above with regard to
reference (174) on FIG. 3, where at least some of the audio
signals are intended as speech for recognition. DSR client
(152) detects (317), among the received audio signals, voice
activity of a user and identifies as speech for recognition to be
transmitted to the voice server only the audio signals received
during voice activity. DSR client (152) may detect voice
activity and identify speech for recognition according to
voice activity by use of a VAD engine like the one illustrated
and described above with regard to reference (184) on FIG. 3.

DSR client (152) then transmits speech for recognition
(320) to voice server (151). Synchronizing distributed speech
recognition is accomplished here because the DSR client
(152) transmits speech for recognition only after receiving
from the voice server (151) notification of readiness to con-
duct speech recognition. In this example, DSR client (152)
transmits speech for recognition according to VOIP.

DSR client (152) then receives from the voice server (151)
notification (324) to cease transmitting speech. Message
(324) is implemented in an application level data communi-
cations protocol improved to include messages for synchro-
nizing distributed speech recognition, such as, for example,
an improved version of HTTP, SIP, RTP, VOIP, DMSP, WAP,
or HDTP.

In view of the explanations set forth above in this paper,
readers will recognize that the benefits of synchronizing dis-
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tributed speech recognition according to various embodi-
ments of the present invention typically include:
conservation of bandwidth due to reduced transmission of
audio not for recognition, and

improved speech recognition due to echo reduction.

Exemplary embodiments of the present invention are
described largely in the context ofa fully functional computer
system for synchronizing distributed speech recognition.
Readers of skill in the art will recognize, however, that the
present invention also may be embodied in a computer pro-
gram product disposed on signal bearing media for use with
any suitable data processing system. Such signal bearing
media may be transmission media or recordable media for
machine-readable information, including magnetic media,
optical media, or other suitable media. Examples of record-
able media include magnetic disks in hard drives or diskettes,
compact disks for optical drives, magnetic tape, and others as
will occur to those of skill in the art. Examples of transmis-
sion media include telephone networks for voice communi-
cations and digital data communications networks such as,
for example, Ethernets™ and networks that communicate
with the Internet Protocol and the World Wide Web. Persons
skilled in the art will immediately recognize that any com-
puter system having suitable programming means will be
capable of executing the steps of the method of the invention
as embodied in a program product. Persons skilled in the art
will recognize immediately that, although some of the exem-
plary embodiments described in this specification are ori-
ented to software installed and executing on computer hard-
ware, nevertheless, alternative embodiments implemented as
firmware or as hardware are well within the scope of the
present invention.

It will be understood from the foregoing description that
modifications and changes may be made in various embodi-
ments of the present invention without departing from its true
spirit. The descriptions in this specification are for purposes
of illustration only and are not to be construed in a limiting
sense. The scope of the present invention is limited only by
the language of the following claims.

What is claimed is:
1. A method of synchronizing speech recognition, the
method comprising:
receiving, in a client terminal having access to a voice
channel and a data channel distinct from the voice chan-
nel, an audio signal including speech of a user;
processing the audio signal to generate a processed speech
signal, the processing comprising filtering the audio sig-
nal to remove one or more non-speech portions of the
audio signal;
receiving notification from a voice server of readiness to
conduct speech recognition;
responsive to the notification of readiness to conduct
speech recognition, transmitting the processed speech
signal over the data channel from the client terminal to
the voice server for recognition;
receiving implicit notification from the voice server to
cease transmitting speech, by completion of an X+V
event or a VoiceXML event associated with a prompt and
a transmission of user speech; and
responsive to the implicit notification from the voice server
to cease transmitting speech, stopping speech transmis-
sion.
2. The method of claim 1, wherein the notification of readi-
ness to conduct speech recognition is received through an
application level data communications protocol.
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3. The method of claim 1, further comprising discarding,
by the client terminal, speech received prior to signaling the
user to speak.

4. The method of claim 1, further comprising:

receiving audio signals;

detecting, by the client terminal, among the received audio

signals, voice activity of the user; and

identifying only audio signals received during the voice

activity as speech for recognition to be transmitted to the
voice server.

5. The method of claim 1, further comprising:

providing to the user a speech prompt advising the user of

information to be provided; and

responsive to receiving the notification of readiness, sig-

nalling the user to speak.

6. The method of claim 1, wherein the processed speech
signal is transmitted using Voice Over Internet Protocol
(VOIP).

7. The method of claim 1, wherein the processed speech
signal is transmitted over a mobile packet-switched data
channel to the voice server for recognition.

8. The method of claim 1, wherein the processed speech
signal is transmitted over a cellular packet-switched data
channel to the voice server for recognition.

9. An apparatus for synchronizing speech recognition, the
apparatus comprising:

acommunications adapter having access to a voice channel

and a data channel distinct from the voice channel;

at least one computer processor; and

a computer memory operatively coupled to the at least one

computer processor, the computer memory having dis-

posed within it computer program instructions that,

when executed by the at least one computer processor,

perform a method comprising:

receiving an audio signal including speech of a user;

processing the audio signal to generate a processed
speech signal, the processing comprising filtering the
audio signal to remove one or more non-speech por-
tions of the audio signal;

receiving notification from a voice server of readiness to
conduct speech recognition;

responsive to the notification of readiness to conduct
speech recognition, transmitting the processed speech
signal over the data channel to the voice server for
recognition;

receiving implicit notification from the voice server to
cease transmitting speech, by completion of an X+V
event or a VoiceXML event associated with a prompt
and a transmission of user speech; and

responsive to the implicit notification from the voice
server to cease transmitting speech, stopping speech
transmission.

10. The apparatus of claim 9, wherein the notification of
readiness to conduct speech recognition is received through
an application level data communications protocol.

11. The apparatus of claim 9, wherein the method further
comprises discarding speech received prior to signaling the
user to speak.

12. The apparatus of claim 9, wherein the method further
comprises:

receiving audio signals;

detecting, among the received audio signals, voice activity

of the user; and

identifying only audio signals received during the voice

activity as speech for recognition to be transmitted to the
voice server.
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13. The apparatus of claim 9, wherein the method further
comprises:

providing to the user a speech prompt advising the user of

information to be provided; and

responsive to receiving the notification of readiness, sig-

nalling the user to speak.

14. The apparatus of claim 9, wherein the processed speech
signal is transmitted using Voice Over Internet Protocol
(VOIP).

15. The apparatus of claim 9, wherein the processed speech
signal is transmitted over a mobile packet-switched data
channel to the voice server for recognition.

16. The apparatus of claim 9, wherein the processed speech
signal is transmitted over a cellular packet-switched data
channel to the voice server for recognition.

17. A computer program product comprising:

at least one non-transitory recordable medium encoded

with instructions that, when executed, perform a method

for synchronizing speech recognition, the method com-

prising:

receiving, in an apparatus having access to a voice chan-
nel and a data channel distinct from the voice channel,
an audio signal including speech of a user;

processing the audio signal to generate a processed
speech signal, the processing comprising filtering the
audio signal to remove one or more non-speech por-
tions of the audio signal;

receiving notification from a voice server of readiness to
conduct speech recognition;

responsive to the notification of readiness to conduct
speech recognition, transmitting the processed speech
signal over the data channel to the voice server for
recognition;

receiving implicit notification from the voice server to
cease transmitting speech, by completion of an X+V
event or a VoiceXML event associated with a prompt
and a transmission of user speech; and
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responsive to the implicit notification from the voice
server to cease transmitting speech, stopping speech
transmission.

18. The computer program product of claim 17, wherein
the notification of readiness to conduct speech recognition is
received through an application level data communications
protocol.

19. The computer program product of claim 17, wherein
the method further comprises discarding speech received
prior to signaling the user to speak.

20. The computer program product of claim 17, wherein
the method further comprises:

receiving audio signals;

detecting, among the received audio signals, voice activity

of the user; and

identifying only audio signals received during the voice

activity as speech for recognition to be transmitted to the
voice server.

21. The computer program product of claim 17, wherein
the method further comprises:

providing to the user a speech prompt advising the user of

information to be provided; and

responsive to receiving the notification of readiness, sig-

nalling the user to speak.

22. The computer program product of claim 17, wherein
the processed speech signal is transmitted using Voice Over
Internet Protocol (VOIP).

23. The computer program product of claim 17, wherein
the processed speech signal is transmitted over a mobile
packet-switched data channel to the voice server for recogni-
tion.

24. The computer program product of claim 17, wherein
the processed speech signal is transmitted over a cellular
packet-switched data channel to the voice server for recogni-
tion.



